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Acoustic vector-sensors (AVS) have been designed using the P-P method for different microphone
configurations. These configurations have been used to project the acoustic intensity on the orthog-
onal axes through which the direction of arrival (DoA) of a sound source has been estimated. The
analytical expressions for the DoA for different microphone configurations have been derived for
two-dimensional geometry. Finite element method simulation using COMSOL-Multiphysics has
been performed, where the microphone signals for AVS configurations have been recorded in free
field conditions. The performance of all the configurations has been evaluated with respect to angu-
lar error and root-mean-square angular error. The simulation results obtained with ideal geometry
for different configurations have been corroborated experimentally with prototype AVS realizations
and also compared with microphone-array method, viz., Multiple Signal Classification and
Generalized Cross Correlation. Experiments have been performed in an anechoic room using differ-
ent prototype AVS configurations made from small size microphones. The DoA performance using
analytical expressions, simulation studies, and experiments with prototype AVS in anechoic cham-
ber are presented in the paper. The square and delta configurations are found to perform better in

the absence and presence of noise, respectively. © 2016 Acoustical Society of America.
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I. INTRODUCTION

An acoustic vector-sensor (AVS) measures the acoustic
pressure as well as the acoustic particle velocity, which can be
used to estimate the acoustic intensity vector. Assuming a single
acoustically radiating source in the field, the acoustic intensity
vector ideally points from an acoustically radiating source to the
direction of the AVS device. Acoustic intensity can be used for
sound power determination, sound source direction estimation,
sound source identification, etc. The acoustic intensity vector is
a product of the acoustic pressure (scalar quantity) and the
acoustic particle velocity, and is a measure of the acoustic
energy flow rate per unit normal area perpendicular to the
direction of the flow, its unit being Watt per square meter
(W m~?)."* The particle velocity is the average of alternating
velocities of the oscillating particles of the medium caused by
the acoustic wave.’ Practically, an AVS can be designed using
one of the two methods, namely, the pressure-velocity (P-U)
method and the pressure-pressure (P-P) method. In the P-U
method, the particle velocity is obtained either by time integra-
tion of the accelerometer measurements or by direct measure-
ment such as using an anemometer or double hot-wire sensor
called Microflown.*™® A typical P-U based AVS device consists
of a pressure sensor and a three-channel acoustic particle veloc-
ity/accelerometer sensor giving the velocity/acceleration com-
ponents in the three orthogonal directions. In the P-P method,
the particle velocity is calculated using finite difference (FD)
approximation of the spatial derivative of the sound-field. It
requires that the separation d between the two microphones
should be much smaller compared to the acoustical wavelength,
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A. Generally, for obtaining good accuracy in the intensity mea-
surement of an acoustic monopole, FD errors are minimized by
employing the smallest possible values of d/A and d/r, where r
is the range of the sound source, assuming a single source.”'”
As the microphone separation d increases for the fixed fre-
quency, the approximation of the measured pressure-gradient
will deviate from the true pressure-gradient value at the geomet-
ric center of the microphones. The FD approximation method is
sensitive to sensor noise, microphone mismatch, reflection and
diffraction of the source radiated signal, placement of the micro-
phones, the structure that holds the microphones and the polar
pattern characteristics of each microphone. As the source fre-
quency increases, reflections from the microphone body, con-
necting wires, and the supporting structure also increase, thus
partially blocking the propagation of the acoustic waves. At low
frequencies, when the wavelength is large compared to the sepa-
ration between the closely spaced microphones, the small phase
difference between the signals impinging on them may be sig-
nificantly affected due to electrical phase mismatch of the
microphones. This may cause error in the pressure-gradient
measurement and hence the particle velocity."*!'" A typical P-P
based AVS device has closely spaced omni-directional and/or
gradient-microphones that measure the pressure and pressure-
gradients in the three orthogonal directions which are used for
particle velocity estimation.'" Thus, the output of an AVS con-
sists of four channels, namely, the acoustic pressure p(f) and the
three Cartesian components of the particle velocity, denoted by
XORNORAGY

In this work, we have identified and compared the two-
dimensional (2-D) direction-finding capability of different
planar AVS configurations implemented using small size
omni-directional microphones, and assuming a single source.
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There are various applications of direction-finding of acous-
tic sources such as in automatic steering of a camera toward
the direction of a speaker in an auditorium, vehicle localiza-
tion and monitoring systems, detection of non-line-of-sight
battlefield target, intensity based sound source separation,
hands-free mobile communication, etc.'>> In microphone-
array based direction-finding, the separation between two
neighboring microphones in a uniform linear array (ULA) is
required to be less than half of the minimum wavelength in
order to avoid spatial aliasing'® and the angular resolution in
the far-field is inversely proportional to the aperture size,
measured in the units of wavelength. Alternatively, an AVS
can perform spatial processing with a compact arrangement
of microphones in contrast to conventional microphone-
array which requires wide spacing between the micro-
phones.'” Several direction-finding applications can benefit
from the comparatively smaller size of an AVS. An AVS
based direction-finding method is less sensitive to the range
of the source,'®!” able to reject the noise or interference
sources selectively with a very small aperture'>*° and
mostly requires fewer data acquisition channels.”' It has
been reported that AVS based direction-finding is relatively
more robust in a reverberant environment than those based
on time-delay of arrival (TDoA), subspace and steered
response power method.”> The secondary reflections in a
reverberant environment are reduced in an AVS due to co-
location of the sensors and the directionality of the sensor.?
The TDoA-based methods require large baseline and are not
accurate for closely spaced sensors in a microphone-array.
Also, the microphone-array methods are computationally
expensive due to the peak search requirements. In the
case of a single source, high SNR, and free field condition,
the intensity based direction of arrival (DoA) estimation
method has the advantages of simplicity of implementation
and not requiring a search as in the case of microphone-array
based DoA estimation. The improvement in speech de-
reverberation using AVS compared to ULA has been
reported for a highly reverberant environment.**

The purpose of this paper is to conduct a systematic anal-
ysis of the P-P based AVS design using omni-directional
microphones and compare different AVS configurations for
DoA estimation in the absence and presence of uncorrelated
noise. The investigation of various planar configurations of
omni-directional microphones for intensity based DoA esti-
mation and their performance comparison is reported. The
mathematical analysis, finite element method (FEM) numeri-
cal simulation considering zero-size as well as non-zero size
microphones, and experiments using constructed prototype
AVS in full-anechoic room are discussed. The vector-sensor
configurations with optimum performance are also compared
with microphone-array based direction-finding methods like
Multiple Signal Classification (MUSIC) and Generalized
Cross Correlation (GCC). Further, the effects of microphone-
separation, signal-to-noise ratio (SNR) and signal-duration are
also investigated for DoA estimation for the different AVS
configurations. It has been observed that increasing the signal
duration from 25 to 1000 ms has no improvement on the per-
formance of the DoA estimate in the absence of noise for all
the AVS configurations considered. The delta and star
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configurations are better than the other AVS configurations in
the presence of uncorrelated additive noise, however in the
absence of noise the sub-configurations of the square configu-
ration give a better DoA estimate. Also, the rate of increase in
error for delta and star configurations with respect to micro-
phone separation is less than the other configurations consid-
ered. Amongst delta and star configurations, the delta
configuration may be preferred as it uses fewer number of
microphones than star configuration.

The paper is organized as follows. In Sec. II, the prior art
on design and DoA algorithms for AVS are discussed. In Sec.
I, a brief background of intensity measurement methods and
determination of DoA is presented. In Sec. IV, we give the
mathematical expressions of acoustic intensity for several geo-
metrical configurations of omni-directional microphone based
AVS for DoA estimation. Section V deals with the numerical
simulation setup, their results, observations, and comparisons
with standard microphone-array methods. In Sec. VI, the
experimental setup in a full anechoic room for AVS prototype,
non-zero size microphone simulation and their results for DoA
estimation are given. Finally, Sec. VII concludes the work.

Il. PRIOR ART IN DESIGN AND DOA ALGORITHMS
FOR AVS

The research literature on the design of air AVS includ-
ing the optimal placement of the component sensors is quite
limited. A 3-D intensity probe design for broad frequency
band is reported by Miah and Hixon,* where seven omni-
directional microphone based arrangement is presented con-
sisting of two-concentric orthogonal arrays. They have used
smaller separation between the microphones for high fre-
quency band (1.0-6.5kHz) and larger separation between
the microphones for the low frequency band (200Hz to
1.0kHz). However, the motive is only to measure the total
acoustic intensity and its performance for DoA estimation is
not evaluated. Nagata et al®® have demonstrated a rotating
acoustic intensity measurement system consisting of three
pairs of matched and variable directional microphones for
removing the effects of phase mismatch and position error.
They also tried to address the issues related to a two-
microphone probe, which may not be directed accurately to-
ward the sound source while measuring sound field parame-
ters. This system is used in determining the maximum
acoustic intensity, beam-width of major lobe, peak acoustic
intensity of minor lobes, sound source identification, sound
power determination, and sound source direction estimation.
The null search method is used for source direction estima-
tion where rotation of the microphone probe is required.
However, there is no detailed study and results are presented
for source direction estimation for the given design. Shujau
et al.'' have designed an AVS using an offset-orthogonal
arrangement of three pressure-gradient microphones and an
omni-directional microphone. The MUSIC algorithm is
applied on the pressure-gradient microphone signal for DoA
estimation. This AVS design reduces the effect of shadowing
and reflection of the signal in 1 to 10kHz band, due to the
microphone body and its supporting structure as compared
to the AVS given by Lockwood and Jones.”' The average
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angular error is reported to be on the order of 2° for a range
of frequencies. Craven and Gerzon”® have proposed a coinci-
dent microphones arrangement, where four directional
microphones are placed on the four surfaces of the tetrahe-
dron. The linear combination of these microphone signals is
used to yield directional characteristic of the sound field.
Gunel er al."® have used a non-planar arrangement of four
microphones to generate the B-format signal and thereby
calculate the intensity vector. Thereby, the direction of
sound sources for separation of convolutive mixture is esti-
mated, but the DoA estimation accuracy is not presented. A
P-U based AVS quad consisting of four microphones and 12
particle velocity sensors has been used to estimate the DoA
of a source at 45° in an anechoic room, and the angular
errors reported are 3.7°, 2.8°, 1.2°, and 0.6° for four different
algorithms.”” However, the results for other than 45° direc-
tion of arrivals are not reported in detail. An algorithm for
improving the particle velocity and intensity measurement
for the P-P method is given by Bai ef al.,' but the proposed
approach assumes that the direction and the location of the
sound source are known a priori.

Nehorai and Paldi*® have derived the Cramer-Rao
bound for the estimation of angular error using AVS array
where all source signals are assumed to be zero mean, identi-
cally distributed and independent of each other. They have
also proposed two DoA algorithms using single AVS, one
based on the intensity vector, and the other based on only the
particle velocity, and their performance is evaluated in terms
of mean square angular error (MSAE). Further, Hawkes and
Nehorai?® proved that the intensity vector based DoA esti-
mator capability can be considerably enhanced in ambient
isotropic-noise compared to the case of spatially uncorre-
lated noise. A maximum likelihood-based DoA algorithm in
the presence of isotropic noise for a single vector-sensor is
presented by Levin er al.,*® where one monopole and three
orthogonally arranged dipole receivers have been used, but it
has been assumed that the monopole and dipole beam-
patterns are ideal. The effect of reverberation for DoA esti-
mation performance using an ideal model of AVS is exam-
ined and simulated by Levin et al.,31 in which it has been
claimed that an intensity-based DoA estimator produces bi-
ased results in a reverberant environment and this bias is de-
pendent on the room impulse response (RIR) which is
deterministic in nature. In all the above literature, the angu-
lar error due to pressure-gradient approximation is not con-
sidered, and it has been assumed that the AVS design is
ideal, i.e., there is no error in measuring the particle velocity
and intensity. A low computation DoA algorithm based on
principal component analysis (PCA) of particle velocity has
been developed under ambient noise and room reverberant
environment, but it uses a large number of spherical micro-
phones and assumes diffused reverberation which is not typi-
cal in a practical scenario. It also does not consider sensor
noise which causes deviation from the actual DoA. The
results show that the DoA estimator is not significantly
affected by decreasing SNR from 20 to 0dB, i.e., because of
the ambient isotropic-noise consideration.””> Tam and
Wong>? presented the mathematical analysis on direction-
finding accuracy due to non-idealities in AVS gain response,
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phase response, spatial dislocation, and non-orthogonal ori-
entation of velocity sensors. A technique for improving
direction-finding when the orientation of an AVS is time-
varying, is presented by Yuan.** The lower-bound on the
DoA estimation error variance has been derived by Song and
Wong>* when an ideal AVS is subjected to a velocity-sensor
component breakdown. Hochwald and Nehorai®> have
shown that two number of acoustic sources, that are not fully
correlated, can be identified using a single AVS when second
order statistics is used.

In most of the prior art, only orthogonal arrangement of
microphones is considered and other configurations of
microphones for P-P based AVS design are not studied for
DoA estimation. Also, there is no comparative study
amongst the different microphone configurations for DoA
estimation using acoustic intensity. In the present work, we
have studied several possible geometrical arrangements of
microphones for P-P based AVS design and their results for
2-D DoA estimation are studied and compared.

lll. ACOUSTIC INTENSITY AND DOA

The relation between the particle velocity and the
pressure-gradient at a point location with position vector r in
1-D for any time ¢ is given by the linearized Euler equation,

Op(r,1) Ovy(r, 1)

P )]
where py is the density of the medium, v, and p are the parti-
cle velocity component along the x axis and pressure at a
specified point r and time ¢, respectively. The particle veloc-
ity at a fixed location is estimated by using the FD approxi-
mation of the pressure-gradient. The pressure-gradient is
derived from a pair of well-matched (in magnitude and
phase) omni-directional microphones placed along the x axis
and separated by a distance d as shown in Fig. 1. The FD
estimated particle velocity*' along the line joining the two
microphones on the x axis in this case, is given by

V() — — y,

1 Jf Pz(f) —pl(‘C) de )
Po 7

—00

where p(1) and p,(t) are the pressure waveform realizations
of wide sense stationary ergodic random processes. The in-
stantaneous intensity I(#) of an acoustic wave is obtained as
the product of the pressure and the particle velocity at the
same location.>! For a fixed location, the instantaneous in-
tensity component along the line joining the two micro-
phones, i.e., the x axis is given by

Ix(t) :px(t)vx([)a 3

where p,(?) is approximated by the average of the two pres-
sure signals p(#) and p,(f). The intensity component /, along
the x axis, is the time-average of the acoustic intensity for
steady state sound field

1T
I, = TILHSOTJO px(l‘)vx(t)dt. )
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FIG. 1. Approximation of the pressure-gradient of an acoustic wave using
two pressure measurements, p; and p,, from two omni-directional micro-
phones (indicated by circles) separated by a distance, d (d < 1).

The average intensity along the x axis, can be written as

I, = JOO I (w)do, (5)
0

where [ (o) is the intensity spectrum and is given as

1

Ix((l)) = wp dIm (Fﬂlﬂz(w))’ (6)

where I', ,,(w) is the cross power spectral density (CPSD)
of the two measured pressure signals, w =2nf and Im(¥*)
indicates the imaginary part of the argument.*%!%3%3%
Similarly, for » number of closely spaced microphones hav-
ing position vectors ry, I, ..., Iy, there will be n(n — 1)/2
number of microphone pairs, so the n(n — 1)/2 number of in-
tensity vectors Ig; are aligned along the vectors q;; =r; — T
Vi=1tonandj=i+1to n These intensity vectors are pro-
jected on the two orthogonal axes and the average intensity

components are given by

2 n n
1) 2 2 Lai )

i=1 j=it1

I

and

2 n n
b=y 2 2 ®)

i=1 j=it1

where 1, . and I,,;; , are the projections of I4; on the orthog-
onal axes. These average intensity components are used to
obtain the DoA of the radiating source in 2-D using

b = tan"! (%) ©)

where 0 is the DoA estimate with respect to the y-axis. This
DoA estimation approach is referred as arc-tangent based
method. The average intensity component is useful when a
single source is present in the field. If multiple sources having
non-overlapping frequency bands are present, then the DoA
can be obtained as a function of source frequency using,
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0(w) = tan™! [ﬁggﬂ : (10)

where /() is obtained using Eq. (6) and similarly /,(w) is
obtained along the y-axis.

IV. ANALYSIS OF AVS CONFIGURATIONS FOR DOA
ESTIMATION

Several P-P based AVS designs using different micro-
phone configurations have been investigated in this paper.
The microphone configurations studied are the star, delta,
three-microphone obtuse angle configuration (OAC), and
square configuration along with its sub-configurations as
shown in Fig. 2. The comparisons of DoA estimation of an
acoustic source are made between different AVS configura-
tions and expressed in terms of the power spectral density
(PSD) of pressure signals for the far field single source. In this
paper, all the angles of arrivals are measured clockwise with
respect to the y-axis. For each AVS microphone configura-
tion, the intensity vectors are calculated along the solid lines
joining the pairs of microphones. These are used to estimate
the average intensity components /, and /, as given in Egs. (7)
and (8). In the following subsections, o(w) is the attenuation
factor at the angular frequency w, and 7, ; is the time delay of
arrival between the ith and jth microphones for a plane wave
propagating along the unit vector a, and is given by

aT (l‘i — I‘j)

= (1)

where r; and r; are the position vectors of the ith and jth
microphones, respectively, and « is the speed of sound in air.

A. Star configuration

The star configuration consists of four microphones as
shown in Fig. 2(a). In this configuration, three intensity vec-
tors are formed aligned with the solid lines. Let p.(7), p(?),
pit), and p,,(f) be the pressure signals recorded using the
four microphones of the star configuration. Using Eq. (8),
the average intensity component for the star configuration
along the y-axis is given by

star _ __ ] JOO Im(rl’kl’t(w))
v 3pod 0 w
_ sin(¢) JOO Im (T, ()
3p0d 0 w
B sin(¢) JOO Im(r,,(,,,,((x)))
3:00d 0 w

dw

dw

do. (12)

The relations between the various pairs of microphone sig-
nals are given by

pu(t) = mpca + Tie); (13)
pile) ~ [1 = A(@)tedlpelt = Ted), (14)

and
Wajid et al.



FIG. 2. Microphone configurations for
AVS. Circles indicate omni-directional
microphone, S indicates the sound
source in the far-field. (a) Star configu-
ration, having four measured signals,
i.e., Pes Pio P1» and p,,,. (b) Delta config-
uration, having three measured signals,
ie., pw p, and p,. (c) Three-

microphone obtuse angle configuration
with two pressure differences, having
AVS 2 AVS 3 three measured signals, i.e., p,, pp, and
Poo P10 Poo P1io Pe> (d) Square configuration (left) and
P1o its sub-configurations (right), having
d d > measured signals poo, P10, P11, and po;.
01
. AVS 4 AVSS
® P10

Poo® ¢ Poo Poo P10

() ~ pe(t + ) (15) Similarly, the average intensity component along the x axis
1 —a(w)kti, . is given by

Using Egs. (12) to (15), the intensity along the y-axis is
expressed in terms of the PSD of p.(¢) as

1 JOC (w)sin(a)rk,c) J
0

star __

Y 3pd )y (1= kren(w)|o
sin(@) [ Tpep. (w)sin(wrcﬁm)
* 3p,d JO [1 + m(.‘moc(a))]a)

sin(¢) [OO Dpp. (@)sin(o1e) 16)

3p,d o [1+ Kt (w)]w

sin(worm,(,)

star __

_ cos(¢) JOC D p (@)sin(@Tp )
X 3p,d Jo [1 - rktpea(o)]o

cos(¢) JOO Lpop (@)sin(wre)
3p,d Jo [1+ Kt (w)]w

7)

The DoA estimate is given by 0" = tan~! (I /1), where
[ and I‘;““ are obtained using Egs. (16) and (17), respec-
tively. If the measured signal p.(¢) is sinusoidal, i.e.,
p(t) =Acos(w,t+ ¢;), then the DoA estimate is given by

SiIl(CO()‘L'(;J)

A star . [1 - K‘L’m,(;O(((U())]

[1 + m(;,[oc(wo)}

Hsinusoidal source tan

sec(¢)sin(wotx )

tan( q{))sin(worc’m)

tan((ﬁ)sin(a)orc,]) (18)

[1 — Krk.(.oc(wo)}

where o, is the angular frequency of the sinusoidal signal.

B. Delta configuration

The delta configuration consists of three microphones as
shown in Fig. 2(b). Let pi(¢), p,(t), and p,,(f) be the measured
pressure signals at the three vertices of the delta configura-
tion. There is no difference in geometrical structure between
the star and delta configurations except the removal of the
center microphone in the delta configuration. The difference
is only in selecting cross power spectral density pairs. There
are three pairs of microphones that give three intensity

J. Acoust. Soc. Am. 139 (5), May 2016
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[1+ KTemo(wo)]

[1 + maloc(wo)]

vector components aligned with the three solid lines. Using
Eq. (7), the average intensity component for the delta config-
uration along the x axis is given by

1 ° Im (rpmm (w))
3\/§p0djo o
~ sin(¢) *Im (T, p ()
3v3p,d Jo @
~ sin(¢) > Im (T ()
3v3p,d Jo @

Igelta _ do

dw

do.

19)
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The pressure waveform p,(¢) is a delayed and attenuated ver-
sion of p,,(t), so the relation between p,,(f) and p,(f) is given
by

Similarly, the relation between py(¢) and p,(t) is given by

pk(t) pl(l‘-i-‘l?k,]). 21)

T = a(w)rty

Using Egs. (19) to (21), the intensity along the x axis is

pm(t) ~ 7191(1 + Tm.,/)~ (20) )
1 — (@)Kt expressed in terms of the PSD of p(r) as
SN T PO PR TCON Lk L)
) 3v3p,d o [1 — Kktma(w)]@ 3V3p,d Jo [1 = ktmo(w)] [1 — kg o(w)] o

sin((b) Joo rplpl(w)Sin(wTkJ) do
3v3p,d Jo [1 — kreso(w)]w

(22)

The average intensity component along the y-axis is similarly given by

Idelta _

cos(¢) JOO Lppi(@)sin {o(Ts — Tmi) }
Y 33p,d o [1 = ktggo(@)] [1 = KTpo(w)] o

(23)

cos(¢) JOC Fp,p,(w)sin(wfk,z)dw
3v3p,d Jo [1 — kreso(w)]w

The DoA estimate is given by 09" = tan ™! (7del@ /Isel‘a), where /%1% and Igeha are obtained using Eqgs. (22) and (23), respec-
tively. For the sinusoidal source of frequency w,, the DoA estimate is given by

sin(@oTp1) [1 — KTh0(000)]
cos() [1 — KTp10(0)]

~delta

+ tan(qb){ sin(woTer) —

sin {00 (Ts = Tmy) }}

[1 = KTy 0(p)]

sinusoidal source tan

The analytical results of delta and star configurations for a
1 kHz source signal at various DoA is given in Table I. It can
be observed that the star configuration and delta configura-
tion have nearly identical performance and the possible
source of error in the analytical results is due to approxima-
tion of the pressure-gradient and pressure at the midpoint of
two closely spaced microphones.

! 24
sin {oo (Tt — Tna)} (24)
[1 _ K'CmJOC(CO())] + sin(WoTk)
JOACH _ sin(¢) JOO Ipp (@) sin(wtg) o
0ACO —
2p,d Jo o [l = KkTee0(w)]
L [ Tpp(w)  sin(@7h)
P d 25
" 2p,d Jo o [l — ko) @ (23
and
IOACd) = COS(¢) Jm l—‘p(,p((w)sin((})‘fa(.) dow (26)
20,d Jo [1— Kktaer(@)o

C. Obtuse angle configuration

The three-microphone obtuse angle configuration is
shown in Fig. 2(c). In this configuration, two intensity
vectors are formed aligned with the solid lines. The angle
between the lines joining the two pairs of microphones
is 90°+ ¢ and let the respective configuration be called
OAC¢. Let p,(1), pp(t), and p.(f) be the measured pres-
sure signal by the three microphones of this configuration.
This AVS configuration is same as the star configuration
except for the removal of one microphone from the third
quadrant and ¢ =30°. The intensity components along
the y-axis and x axis are expressed in terms of PSD of
pt) as
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where I', , (w) is the PSD of p.(2).

D. Square configuration

The square configuration consists of four microphones
which can be seen as a superset of five different sub-
configurations as shown in Fig. 2(d). Each sub-configuration
uses two pairs of microphone signals to estimate the two or-
thogonal intensity components. Further, some new AVS con-
figurations can be created by using two or more of these sub-
configurations; like AVS13 that uses the average of the DoA
estimates of AVS1 and AVS3; and AVS1234 which is an aver-
age of the DoA estimates of AVS1, AVS2, AVS3, and AVS4.

Waijid et al.



TABLE I. The analytical results of delta and star configurations for 1 kHz source signal at various DoA with d =10 mm.

Actual DoA (degrees)

Analytical results, DoA (degrees)

Delta configuration

Star configuration

(0, 90, 180, 270)

(15, 105, 195, 285)
(30, 120, 210, 300)
(45, 135, 225, 315)
(60, 150, 240, 330)
(75, 165, 255, 345)

(0.000, 90.291, 180.000, 269.713)
(14.795, 105.204, 195.203, 284.796)
(29.708, 120, 210.286, 300.000)
(44.792, 134.796, 225.201, 315.204)
(60.000, 149.711, 240.000, 330.288)
(75.207, 164.795, 254.798, 345.203)

(0.000, 90.287, 179.999, 269.714)
(14.798, 105.202, 195.202, 284.797)
(29.712, 120.000, 210.285, 300.000)
(44.795, 134.798, 225.201, 315.203)
(60.000, 149.7135, 240.000, 330.286)
(75.204, 164.796, 254.799, 345.201)

TABLE II. DoA estimate for several AVS configurations in terms of time delay of arrival 7;; between the ith and jth microphones and 0 is the actual angle of

arrival.
DoA estimate Expressions
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TABLE III. Simulation setup specifications.

Specifications/Variable Values/type
Speed of sound (m/s), 343

Azimuth (deg.), 0 0, 15,..., 345
Source range (m), 1

Signal durations (ms) 25, 100, 500, and 1000
Source signal type Sinusoidal (1 kHz)
Sampling rates (kHz), F 48

SNR (dB) o0, 30, 26,..., 10
Noise type Additive White Gaussian noise
Number of realizations 10000
Microphone diameter (mm) 0Oand 3.3

1,5,10, 15,...,60
0.989 (at 1 kHz)

Microphone separation (mm), d
Attenuation factor (1/m), o

Let poo(t), p1o(f), p11(f), and po,(f) denote the measured pres-
sure signals at the four vertices of the square configuration. For
AVSI, the intensity along the x axis is expressed in terms of
the PSD of poo(?) as

JAVST _ 1 ro L popoo (@)SIN(@T10,00)
! 2p0d 0 [1 - K‘E]()’ooot(w)]w

where T, 5, (@) is the PSD of py(f). Similarly, the intensity
along the y-axis is given by

do, 27)

JAVSI _ 1 JOO D poopun (@)5I0(@0701,00)
dJo

= do. 28
2p [l—m()l,oooc(w)]w @ 28)

o

Likewise, the intensity components using all the five sub-
configurations AVS1, AVS2, AVS3, AVS4, and AVSS5 are cal-
culated and their DoA estimates in terms of time delay of arrival
7;,; between the ith and jth microphones are listed in Table II.
The time delay of arrival expressions are also given in this table
and it is a function of the actual DoAs. The relation between the
estimated angle using AVS1, AVS2, AVS3, and AVS4 are
given as 9Avsz =270° + 9AV51, GAvsg =180° + 9Av51, and
0 Avsa = 90° + 0 avsi- For example, from the AVS geometry it
can be verified that results of the first quadrant for AVS1 will be
valid for (a) the second quadrant for AVS2, (b) the third quad-
rant for AVS3, and (c) the fourth quadrant for AVS4.

V. SIMULATION SETUP AND RESULTS
A. Simulation setup

The numerical simulation for DoA estimation in 2-D
has been done for the AVS configurations presented in Sec.
IV. An acoustic signal in air emitted by an omni-directional
point source has been generated and recorded by the AVS
sensors using Finite Element Method tool, viz., COMSOL
Multiphysics version 4.4 and the simulation setup specifica-
tions are given in Table III. In this section zero-size micro-
phones are considered and non-zero size microphone
simulation results are used for comparison with experimental
results in Sec. VI. The performance evaluation has been
illustrated in terms of angular error (AE), absolute angular
error (AAE) and root-mean-square angular error (RMSAE)
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that are defined in Egs. (29) to (31). The AE for a particular
angular location of the radiating source can be expressed as

(u"a;), (29)

where u is the unit vector pointing to the sound source, 1; is
its estimate at the ith realization, (*)” indicates transpose,
and N is the total number of independent realizations consid-
ering additive noise. The AAE is given by

AAE = Z cos 1 u ul 30)
The RMSAE is defined as
N 2
Z {cos™ ! (u"a;) }
RMSAE = \| =L . 31

N

Wherever AAE and RMSAE are averaged over all the differ-
ent angular source locations, the symbols AAE and RMSAE
are used. These are defined, respectively, as

_ 1 ky
AAE 5,150, = [y > AAE(15k), (32)
k=k
S 1
RMSAE 54,151, = m Z RMSAE(15k),
(33)

where the argument 15k represents the direction of the
source in degrees and subscripts 15k,:15k, give the range of
angles used for averaging over the different angular loca-
tions of the source with an increment of 15°, and encompass-
ing all four quadrants. All the error results are presented
after removal of 10% outliers of the 10000 independent real-
izations for the case when noise is present. The performance
has been compared for the different AVS microphone con-
figurations and also with some other standard microphone-
array based DoA methods, i.e., MUSIC and GCC.>** This
simulation study also encompasses the effects of varying the
separation d between the microphones of the corresponding
AVSs and varying the sinusoidal signal duration of a source
which emits 1 kHz signal in the absence of noise.

B. Simulation results
1. Tonal source with varying durations

In this section, sinusoidal source signals of different
durations are simulated for DoA estimation in the absence of
noise with d =10 mm. Figure 3 show the AE for the sinusoi-
dal source of 1kHz of durations 25, 100, 500, and 1000 ms
sampled at 48 kHz and located at a range of 1 m from the
center of the AVSs. It is observed that increasing the sinusoi-
dal signal duration from 25 to 1000 ms does not affect the
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AE performance of the different AVS configurations. Also,
the estimated DoA is not subject to left-right ambiguity as
the sign of the orthogonal intensity components can indicate
the source quadrant that is able to resolve the source direc-
tion in all the four quadrants.

The absolute of AE for the star and delta configurations
are less than 0.005° for the DoAs 0°, 60°, 120°, 180°, 240°,
and 300°. These DoAs lie on the axis of symmetry of the
AVS (line joining the source and the center of the AVS con-
figuration), where the error in DoA estimate due to the
pressure-gradient approximation is not present. Similarly for

the other sub-configurations formed using square configura-
tions, the absolute of AE are less than 0.01° at the DoAs
when the source lies on the axis of symmetry of the AVS
configuration. The star and delta configurations offer almost
identical AE performance. Table IV gives the values of
AAE(.120°, AAEinpr040, and AAEjs36 Wwhich are
approximately equal across the three different sectors. It
indicates that the star and the delta configurations give simi-
lar average performance across the azimuth intervals
[0°=120°], [120°-240°], and [240°-360°] which is due to
symmetric nature of star and delta configurations in these
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FIG. 3. (Color online) AE versus DoAs for several AVS configurations for sinusoidal source of 1 kHz without additive noise located at a range of 1 m with
d=10mm and received signals of durations (a) 25 ms, (b) 100 ms, (c) 500 ms, and (d) 1000 ms.
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FIG. 3. (Color online) (Continued)

DoAs intervals. The geometrical placement of microphones
in the delta configuration is the same as the star configuration
except for the removal of center microphone. In terms of
computation, both configurations need to calculate the three
CPSDs, but the delta configuration requires one less micro-
phone than the star configuration. Therefore, the delta con-
figuration may be preferred over the star configuration for
the no noise case; however, we also see in Sec. VB3 that
this conclusion is also valid if uncorrelated noise is also pres-
ent, down to 10dB.

The absolute of AE for OAC30 is less than 0.005° at
60° and 240° DoAs which lies on the axis of symmetry of
the configuration and the error in DoA estimate due to the
pressure-gradient approximation is not present. The AAE
performance is the same across the azimuth intervals
[120°-240°] and [300°-240°]. In contrast to the delta and
the star configurations, the AE for OAC30 configuration are
non-zero for the source location at 0°, 120°, 180° and 300°.
This is due to the asymmetric structure of the OAC30 along
the line joining the sources and the origin which does not
allow elimination of the effect due to the pressure-gradient
error. These observations can be verified by plotting the
errors obtained by the expressions derived in Sec. I'V.

From Fig. 3 and Table V, it can be observed that among
the four quadrants the AE and AAE are minimum in the first
quadrant for AVS1, second quadrant for AVS2, third quad-
rant for AVS3, and fourth quadrant for AVS4. It can be con-
cluded that the error is minimum in the quadrant in which
the AVS is oriented, however the AAE.3450 over all the
four quadrants is the same for all the four AVSs. The AAE
performance for AVS13, AVS1234, and AVSS is uniform

TABLE IV. AAE (degrees) for star, delta and OAC30 AVS configurations
(d=10mm) for different quadrant for sinusoidal source of 1kHz at a range
of I m.

AAE (degrees)

AAE 1200 AAE 120°240° AAE240°:360°
Star 0.154 0.153 0.153
Delta 0.154 0.153 0.153
OAC30 0.193 0.178 0.176
2824  J. Acoust. Soc. Am. 139 (5), May 2016
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across all the four quadrants because it has axes of symmetry
which passes from all the four quadrants. Among these three
AVS configurations, AVS13 and AVS1234 give lower
AAE(.345- than AVSS5. This is due to the larger separation of
microphones, i.e., v/2d while calculating pressure-gradient
in case of AVS5 compared to AVS13 and AVS1234.
However, AVS13 and AVS1234 need to compute four
CPSDs compared to two CPSDs in the case of AVSS. The
AAE 345 for the AVS13, AVS1234, and AVSS are lower
compared to AVS1, AVS2, AVS3, and AVS4. If the quad-
rant in which the source lies is known, then accordingly
AVS1, AVS2, AVS3, and AVS4 may be used because these
configurations give lower AE in one of the four quadrants.
However. if the quadrant is not known then a two step pro-
cess can be followed, i.e., first determine the quadrant using
any AVS configuration and then find the DoA using the
appropriate configuration amongst AVS1, AVS2, AVS3, and
AVS4. As shown in Fig. 3, the maximum AE across the four
quadrants for (a) AVS1, AVS2, AVS3 and AVS4 is 0.41°,
(b) delta and star configurations is 0.29°, (c) AVS5 is 0.14°,
and (d) AVS13 and AVS1234 is 0.07°. Among all the AVS
configurations, the minimum AAE 3450 over all the four
quadrants is achieved for AVS13 and AVS1234 and its value
is 0.048° as it uses four CPSD computations and have more
axes of symmetry for the angular range from 0° to 360°.

2. Tonal source with varying microphone separation

The separation d between the microphones of the AVSs
given in Fig. 2 are varied from 1 to 60 mm for a sinusoidal
source of 1kHz and 25 ms duration at a range of 1 m. Figure
4 shows the FEM simulation and analytical results of
AAE r.3450 across the four quadrants for the different values
of d. These performance results show that on increasing the
microphone separation, AAE 345 increases for all the AVS
configurations. This is due to the increase in error in the
pressure-gradient approximation using the FD method [see
Fig. 1, Egs. (1) and (2)] and also due to the error in approxi-
mating the pressure at the mid-point of the line joining the
two microphones. It is also observed that AAE.345° is low-
est for AVS13 and AVS1234 than the other AVS configura-
tions for 1 <d <35mm, this is due to cancellation of errors
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TABLE V. AAE (degrees) for AVS1-5, AVS13 and AVS1234 (d = 10 mm) for the four quadrants for sinusoidal source of 1 kHz at a range of 1 m.

AAE (degrees) for four Quadrants (Q1, Q2, Q3, and Q4)

AAEr.90- (Q1) AAE 3600 (Q2) AAE 50270 (Q3) AAEgy 150 (Q4)
AVSI 0.013 0.204 0.096 0.205
AVS2 0.208 0.015 0.207 0.097
AVS3 0.098 0.206 0.017 0.207
AVS4 0.201 0.097 0.205 0.017
AVS5 0.078 0.082 0.081 0.081
AVS13 0.043 0.043 0.040 0.042
AVS1234 0.043 0.042 0.040 0.042

of opposite signs, i.e., the signs of AE for AVS1 and AVS2
are opposite to the signs of AE for AVS3 and AVS4, respec-
tively, as given in Fig. 3. However, for 35 < d <60 mm, the
AAE(r 3450 for delta and star configurations is smallest
amongst all other AVS configurations considered in this pa-
per and is equal to 1.225° at d =60 mm whereas for AVS13
and AVS1234 it is equal to 1.871°. The delta and star config-
urations require only three CPSDs computations whereas
AVS13 and AVSI1234 configurations require four CPSDs
computations. We can conclude that delta and star configura-
tions are more robust against the error introduced by
pressure-gradient and mid-point pressure approximation for
larger microphone separations for ideal zero-size micro-
phones. This is an added advantage for the practical consid-
eration when microphone diameter is higher. For a practical
point of view, the existing microphones that are of 3.3 mm
diameter restrict the minimum separation between the

centers of the microphones to be greater than 3.3 mm. But, if
the microphones are very close to each other, the pressure
difference between the microphone signals will be very
small for low frequencies and for higher frequencies effects
such as reflections from the microphone body, shadowing
and diffraction will become important.

3. Performance evaluation in the presence of noise

The following simulation specifications have been used
for the performance evaluation in this sub-section. The
sound source is located at a range of 1 m with varying azi-
muth from 0° to 360° and emits a sinusoidal signal of 1 kHz
of 25ms duration. The signal is recorded by an AVS with
microphone separation of 10 mm for different SNR values at
the microphones. In these simulations, noise is considered
with the assumption that it is uncorrelated across the
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channels. The noise waveforms at the microphones of each
AVS configuration are generated 10000 times for each SNR
and each angular location independently. The performance
of different AVS configurations in the presence of noise is
represented in terms of RMSAE, as it contains both bias as
well as variance of the estimated DoAs. Figures 5 and 6
show the variation in RMSAE with DoA ranging from 0° to
360° for SNR values of oo, 30, 26, 22, 18, 14, and 10dB,
respectively, and Table VI gives the RMSAE.345° over all
four quadrants. For the case when SNR is infinity, RMSAE
contains only the absolute of bias error, but when SNR
decreases, the standard deviation is found to be higher than
the bias. At SNR=30dB, AVS13 and AVS1234 give the
smallest value of RMSAE.345:. Also RMSAE-.3450 for
AVSS5 is comparable to AVS13 and AVS1234 for SNR
lower than 22 dB. The RMSAE for all DoAs are close to 2°
for the delta and star configurations which is lowest amongst
all AVS configurations at 10 dB SNR. The rate of increase
in RMSAE- 3450 with respect to decrease in SNR for the
delta and star configurations are the lowest, so delta or
star configuration may be the best choice amongst all the
AVS configurations for SNR below 22 dB. This is due to
more number of intensity components and their averaging,
which will reduce the effect of noise. The performance of
the delta and star AVS microphone configuration is almost
identical for the different SNR values. This shows that even
in the presence of noise, delta configuration should be pre-
ferred over the star configuration as it requires one less
microphone.

4. Comparison of performance of AVS microphone
configurations with GCC and MUSIC algorithms

The P-P based AVS microphone configurations have
been studied as 2-D microphone-arrays of the same dimen-
sions and compared. The DoA estimation methods like
GCC and MUSIC have been applied for the microphone
arrays and compared with acoustic intensity based DoA
estimation for the AVS configurations. The GCC calculates
the DoA based on the TDoA of the signals received at the
spatially distributed microphones. For a pair of micro-
phones and a sound source in the far field, the TDoA and
DoA are related as
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A

FIG. 5. (Color online) RMSAE versus
DoAs for different AVS configurations
when sound source is at a range of 1 m
and emits 1kHz sinusoidal signal of
25 ms duration, and there is no additive
noise.

(34)

where T, is the TDoA between the two microphones and 6
is the DoA with respect to the normal of the line joining the
two microphones. The estimated TDoA for a pair of micro-
phones is obtained using the cross-correlation between the
two received signals and is given by

T, = argmaxabs[R(1)], (35)
where R(/) is the cross-correlation function between the sig-
nals received at the two microphones. This method provides
relatively poor estimation accuracy when sound source is
located at the end-fire direction. As the separation between
the microphones decreases the TDoA accuracy reduces for a
given sampling rate. The GCC method also creates front-
back ambiguity which can be removed using a third micro-
phone. See, for example, Refs. 39 and 40 for a discussion on
GCC. The MUSIC algorithm is based on decomposition of
the covariance matrix of the recorded microphone signals in
an array. The signal and noise sub-spaces are used to form a
pseudo-spectrum function whose peak gives the estimated
DoA of the sound source.*' This method provides good
angular resolution only at high SNR. Both GCC and MUSIC
require search for the peak in the cross-correlation and
pseudo-spectrum function, respectively. The intensity based
DoA estimation accuracy can be significantly affected due to
the directive interference or the presence of multiple
sources.

The GCC and MUSIC methods are applied on the delta
and square configurations with d=10mm and the sound
source emits a 1 kHz sinusoidal signal at a range of 1 m. For
the GCC method, if n (n>2) microphones are present, then
n(n — 1)/2 number of estimates of TDoAs and DoAs are
available for an angular location of a sound source; in the
present simulation the TDoA that gives the minimum
RMSAE is used for comparison with AVS. The received sig-
nals are interpolated by a factor of 100 before applying GCC
to improve the accuracy of the TDoA estimate. In MUSIC,
the peak of the pseudo-spectrum function is searched with
an angular resolution of 0.1°. The results are given in Table
VII, from which it can be inferred that at SNR of 18 dB and
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above, the MUSIC algorithm for delta array configuration is
comparable to the AVS based method, while GCC gives
higher error due to its dependence on time resolution. At
SNR below 18 dB the DoA estimation method based on the
intensity vector gives lower error than the microphone-array
based DoA estimation methods for the given microphone
configurations. For the three-microphone delta configuration,
at 10 dB SNR the improvement in RMSAE of the intensity
vector based method is 38.20% and 74.72% over the MUSIC

and the GCC methods, respectively. For the four-
microphone square configuration, i.e., AVSS5, at 10dB SNR
the improvement in the RMSAE using the intensity vector
based method is 72.58% and 73.84% over the MUSIC and
the GCC, respectively. It has been observed that in the pres-
ence of additive noise, DoA estimation improves when using
the intensity based method with AVS compared to
microphone-array based methods for the given microphone

configurations.
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FIG. 6. (Color online) RMSAE versus DoAs for different AVS configurations when sound source is at a range of 1 m and emits 1 kHz sinusoidal signal of
25 ms duration with (a) SNR =30dB, (b) SNR =26dB, (c) SNR=22dB, (d) SNR = 18dB, (¢) SNR=14dB, and (f) SNR = 10dB. Note: The vertical scales

of all the graphs are different for better depiction.
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FIG. 6. (Color online) (Continued)

VI. EXPERIMENTAL SETUP AND RESULTS

A. Experimental setup

In the experimental setup, identical omni-directional
microphones (Sennheiser MKE-1 make, Sennheiser, Germany)
of 3.3 mm diameter with sensitivity of SmV/Pa at 1 kHz have
been used to form the two AVS configurations as shown in
Fig. 7. The microphone separations are 16 and 19 mm for the
square and the configuration, respectively. Here, we will
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compare the results of the experiment performed in full-
anechoic room with the FEM simulation results of non-zero
size microphones (3.3 mm in diameter). For these two configu-
rations, the FEM simulation setup for non-zero size micro-
phone is similar to the experimental set-up. In order to have
minimal disturbance in the sound field due to reflections, the
microphone supporting structure is made of thin steel rods of
~1mm diameter, in which each microphone is held by a steel
rod as shown in the sketch in Fig. 7. The experiments have

Waijid et al.



TABLE VI. RMSAE 3450 (degrees) for various AVS configurations (d = 10 mm) under different SNR for sinusoidal source of 1kHz of 25 ms duration at a

range of 1 m.

RMSAE 3450 in degrees

SNR (dB) Delta Star AVS1 AVS2 AVS3 AVS4 OAC30 AVS13 AVS1234 AVSS5
Infinity 0.173 0.173 0.151 0.153 0.154 0.151 0.194 0.048 0.048 0.093
30 0.277 0.277 0.386 0.387 0.387 0.385 0.472 0.248 0.248 0.267
26 0.370 0.370 0.568 0.568 0.568 0.566 0.701 0.387 0.387 0.401
22 0.538 0.535 0.869 0.869 0.869 0.867 1.079 0.610 0.610 0.622
18 0.813 0.814 1.358 1.358 1.357 1.355 1.693 0.965 0.965 0.977
14 1.267 1.267 2.144 2.142 2.142 2.138 2.670 1.532 1.530 1.545
10 1.999 2.001 3.407 3.407 3.404 3.404 3.399 2.440 2435 2.456

been performed in an acoustic full-anechoic room having a
lower cutoff frequency of 150Hz and internal dimensions of
3.34m x 3.04m x 2.06 m. The output of the microphones is
connected to a high pass filter (Sennheiser make MZA-900-P)
which attenuates frequencies below 125Hz whose output is
amplified using a preamplifier (Behringer Ultragain Pro Mic-
200, Behringer, Germany). The amplified signal is digitized
using a multi-channel data acquisition system (PXI-e 1062Q
chassis with PXI 6132 DAQ, National Instruments, Austin,
TX) with sampling frequency of 48 kHz and filtered with a
low pass filter having pass band and stop band frequency of
4 kHz and 4.5kHz, respectively. The one second sinusoidal
sound source signal of 1kHz is input to a loudspeaker (M-
Audio AV-40) using the NI Digital-to-analog converter. For
each angular location considered for the sound source, i.e.,
0°, 15°, 30°, 45°, 60°, 75°, and 90°, 100 experiments have
been performed to estimate the DoA of the sound source.

B. Experiment results and comparison with simulation
results

Figures 8 and 9 show the DoA performance (both
experiment and FEM simulation) for three configurations,
i.e., delta, and AVS13 and AVSS5 configurations, respec-
tively, using a 1 kHz sound source located at a distance of
1 m for different DoAs. The experimental results have been
compared with the FEM simulation results for the non-zero

TABLE VII. RMSAE-.345c (degrees) for various configurations as AVS
and microphone-array (d =10 mm), aperture size for delta and square are
17.32mm and 14.14 mm, respectively, and sound source emits 1 kHz signal
at arange of 1 m.

RMSAE 3450 in degrees

AVS Microphone-array
Intensity vector based MUSIC GCC
SNR (dB) Delta Star AVSS5 Delta Square Delta Square
30 0.277 0.277 0.267 0.270 0.547 1.169 1.200
26 0.370  0.370 0.401 0.361 0.801 1.420 1.529
22 0.538 0.535 0.622  0.539 1.289 1.837 2.029
18 0.813 0.814 0.977 0.861 2245 2.625 2996
14 1.267 1.267 1.545 1.583 4.601 4358 5.077
10 1.999 2.001 2456 3235 8960 7.908 9.391
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size microphone (3.3 mm in diameter) case and are found to
follow a similar trend. The RMSAE of the experimental
results for the delta configuration are less than 0.052° at the
45° and 60° DoAs, as in the case of non-zero size micro-
phone simulation. One of the possible reasons of the devia-
tion of the results at 0° and 90° for the non-zero size
microphone FEM simulation and anechoic room experi-
ments, from FEM simulation of zero-size microphone could
be the effect of reflections and diffraction from the micro-
phone body. For AVS13 and AVSS5 configurations, the
RMSAE is minimum at 0°, 45°, and 90° for the non-zero
size microphone simulation case, whereas the experimental
results at 0° and 90° vary from the expected zero value. The
deviation of the experimental results from the expected
results at 0° and 90° are likely due to sources of error from
microphone misalignment in its configuration, reflection and
diffraction from the microphone body, sensor noise, electri-
cal phase mismatch between the microphones.

Vil. CONCLUSION

The paper reports analysis of several AVS microphone
configurations for P-P method based DoA estimation in 2-D
space. We have investigated the performance of different
microphone arrangements as air acoustic vector-sensor con-
figuration for DoA estimation of a radiating source. The
mathematical expressions of the DoA estimate in terms of
the PSD for various AVS microphone configurations are pre-
sented. The numerical simulation using FEM tool consider-
ing ideal zero-size as well as practical non-zero size
microphones are performed and its results are supported by
experiments with a prototype AVS. The performance analy-
sis has encompassed variation of (a) angle of arrival, (b)
microphone separation, (c) signal duration, and (d) SNR. It
has been identified that the four microphone star-
configuration and the three microphone delta-configuration
give identical performance in the presence as well as in the
absence of noise. Also, the rate of increase in error for these
configurations with respect to microphone separation is less
than the other configurations considered. An advantage of
the delta-configuration is that it requires one less microphone
compared to the star-configuration. Also, it has been
observed that the four-microphone configurations, viz.,
AVS13 and AVS1234 give minimum AE in the absence of
additive noise with zero-size microphones. However, in the

Wajid etal. 2829



FIG. 7. Sketch for two different AVS
structures using microphone placement
in 2-D geometry, (a) square and (b)
delta.
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FIG. 8. (Color online) RMSAE com-
parison of experiment and simulation
performance (considering non-zero
size microphones) for delta configura-
tion when sound source is at a range of
I m and emits 1kHz sinusoidal signal
of 1s duration.
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presence of additive noise, the three-microphone configura-
tions, viz., delta and star have lower RMSAE than the other
microphone configurations. For example, the AAE.3450 of
the AVS13 and AVS1234 and the delta and star configura-
tions are 0.048° and 0.173°, respectively, for the noise-free
case. In the presence of noise, for 10dB SNR, the four-
microphone configurations, i.e., AVS13, AVSI23, and
AVS5 give an RMSAE.345c of 2.4° and the three-
microphone configurations, i.e., delta and star give an
RMSAE¢.3450 of 1.9°. Further, these vector-sensor configu-
rations were also compared to the standard microphone-
array based direction-finding methods, i.e., MUSIC and
GCC. The FEM simulation performance results show an
improvement over these standard microphone-array based
methods for SNR ranging from 30 to 10dB except for delta
configurations, which shows improvement below 18dB
SNR. The experiments are performed for delta, AVS13 and
AVS5 configurations and the results are compared with the
FEM simulation of non-zero size microphone configuration,
the trend of the experimental results is same as the FEM sim-
ulation except at few angular locations, that could be attrib-
uted errors due to practical considerations.
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